To date electric pianos and samplers tend to concentrate on authenticity in terms of temporal and spectral aspects of sound. They barely recreate the original sound radiation characteristics, contribute to the perception of width and depth, vividness and voice separation, especially for instrumentalists, who are located in the near field. This paper describes an operational procedure to measure, store, and synthesize the complete sound of a harpsichord, including its spatial sound radiation characteristics. First, actuators excite the instrument at the intersection point of each string with the bridge with an exponential sine-sweep. Then, the radiated sound field is recorded in the near and the far field with microphone arrays. The pressure distribution in the near field is propagated back to the soundboard of the instrument, using Minimum Energy Method. The vibration of each single string is captured with lightweight contact microphones. The soundboard is then replaced by an array of 128 loudspeakers. The loudspeaker signal is a convolution of the back-propagated sweep recording with the string recording to perform a wave field s y nthesis. Above the spatial Nyquist frequency, the Radiation Method is applied to perform a sound field synthesis which is valid for the listening region of the instrumentalist. The result is an electric harpsichord, that approximates the sound of a real harpsichord precisely in time, frequency, and space domain. Applications for such a radiation keyboard are music performance, instrument and synthesizer building and interactive psychoacoustic research.
3 of 11 exemplary instrument, because it creates basically one note for each key that is pressed. In contrast to 80 a piano, level and timbre of this note are barely affected by the pressing velocity, so the harpsichord 81 has comparably few degrees of freedom. 82 The approach starts with an impulse response measurement to record the sound that each 83 key radiates into the nearfield. The recorded sound field is propagated back to the surface of the 84 instrument using Minimum Energy Method. Then, the soundboard is replaced by a loudspeaker 85 array. Each loudspeaker signal is a convolution of the back-propagated nearfied recording with the 86 string recording to perform a wave front synthesis. Above the Nyquist frequency of the loudspeaker 87 array, the Radiation Method is applied to perform a sound field synthesis which is valid for the region 88 around the instrumentalist.
89
All single methods are not only well elaborated in theory, but have proven their value in numerous 90 practical applications. They are discussed in this section, accompanied by some illustrations, showing 91 their use in practice. To reconstruct the vibration of the harpsichord, a measurement setup is installed in a free-field 94 room as illustrated in Fig. 1 for a piano soundboard. In the harpsichord, the largest contributor to 95 the sound radiation is the soundboard. Consequently, a microphone array with square grid points is 96 installed at a distance of 5 cm above the soundboard. The grid density is 4 cm. An acoustic vibrator 97 excites the instrument at the intersection point of string and bridge; the string termination point [19] . The vibrating soundboard can be considered as a weakly nonlinear system, so a swept-sine of the form
is used, where the angular frequency ω increases over time, like
Here, τ is the duration of the signal and lies in the order of several seconds. The deconvolution process is realized by a linear convolution of the measured output p(t) with the temporal reverse of the excitation sweep signal s(t), i.e.,
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"Sensors at the driving points measure both input force and acceleration for input mobility 102 calculations."
103
The driving signal and the convolution are reproducible, i.e., repeated measurements can be 104 carried out to sample the radiated sound field with a grid density of 4 cm. All following equations are frequency-dependent, but for matters of readability, the term ω is omitted. The harpsichord soundboard is a continuous radiator of sound, but can be simplified as a discrete distribution of N radiating points Y, referred to as equivalent sources [20] . The validity of this simplification is restricted by the Nyquist-Shannon theorem, i.e., two equivalent sources per wave length in the wood are necessary. Then, the relationship between the radiating soundboard and the microphone recordings P X can be described by a linear equation system
where
is the Free field Greens' function, describing the equivalent sources as monopole sources. Here, 107 i is the imaginary unit, defined as i 2 = −1. Eq. 4 is closely related to the Rayleigh I integral 108 which is applied in acoustical holography and sound field synthesis approaches, like wave field 109 synthesis and ambisonics [21] . One problem in Eq. 4 is that the linear equation system is ill-posed.
110
The radiated sound P X is recorded but the source sound P Y , which created the recorded sound found in [20, 22] . For musical instruments, the Minimum Energy Method (MEM) [20,23] is superior.
118
The MEM is an iterative approach, gradually reshaping the radiation characteristic of G from monopole 119
at Ω = 0 to a ray at Ω = ∞ using the formulation
where Ψ is a reshaped complex transfer function replacing G in Eq. 4. The terms ϕ and ϑ are 121 the azimuth and polar angle and α describes the angle between Y n and X m as inner product of both 122 position vectors 123 α m,n = Y n X m X m Y n n .
The angle α is given by the constellation of source-and receiver positions and is 1 in normal In addition to the near field recordings, the radiated sound is also recorded with a microphone 144 array that samples the region in which the instrumentalist's head may be located during playing. We 145 refer to this region as the listening volume and to the discrete sample points as listening points. Strictly 146 speaking, this is still the near field for low but the far field for high frequencies.
In the near field 147 measurement one planar microphone array samples a planar region parallel to the sound board. In 148 the far field measurement the planar microphone array samples a rectangular cuboid. These listening 149 points are depicted as small spheres in Fig. 3 . As for the near field measurements, the spatial Nyquist 150 frequency (or spatial aliasing frequency) in this volume is 4 kHz. For synthesizing the sound field, it is meaningful to divide the harpsichord signal into three 153 frequency regions: Frequency region 1 lies below 1.5 kHz, the spatial Nyquist frequency of the 154 loudspeaker array. Frequency region 2 ranges from 1.5 kHz to 4 kHz, the spatial Nyquist frequency of 155 the microphone array. Frequency region 3 lies above these Nyquist frequencies. Different sound field 156 synthesis methods are ideal for each region and should be combined as described in the following. For each note, the vertical polarity of the transverse string acceleration is recorded with a 162 lightweight piezoelectric transducer. In contrast to a microphone recording, this gives a clean source 163 sound for each note, which is independent of sound radiation characteristics. Alternatively, the vertical 164 polarity can be recorded by means of a high speed camera recording as described in [25, 30] . resembles the idea of an acoustic curtain [31] , which is considered as one of the earliest wave field 169 synthesis approaches [8, 21, 32] . In physical terms, this situation is a spatially truncated discrete Rayleigh 170 integral which is the core of wave field synthesis [7, 8, 21, 33] . A prerequisite is that all loudspeakers 171 are homogeneous radiators in the half-space above the soundboard. For loudspeakers without a 172 cabinet, low frequencies approximate dipoles fairly well in the low frequency region. While truncation 173 creates artifacts in most wave field synthesis setups, referred to as truncation error [8, 21, 32] , no artifacts 174 are expected in the described loudspeaker grid, due to natural tapering: At the boundaries of the 175 loudspeaker array, an acoustic short-circuit will occur, because the loudspeakers have no cabinet.
176
However, the acoustic short-circuit also occurs in real musical instruments, as demonstrated in Fig. 2 . loudspeaker every 12 cm. This is a typical loudspeaker density in wave field synthesis systems and 190 yields a spatial Nyquist frequency of about 1.5 kHz for waves in air [7] . It means that every third
